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The goal of this DSP code is to simulate the characteristics of a signal when amplified in the 
preamp section of a guitar amplifier. There are countless models of valve based guitar amplifiers, 
employing anywhere from a low-wattage output using a single valve to high-wattage designs with 
numerous valves that handle tasks in various sections of the amplifier, such as the pre-amplification 
section, effects loop signal path, rectification and power amplification. 
In early amplification, distortion of the signal was considered to be a flaw in the amplifier circuit 
and a limitation of the components and technology of the time. However, some players actually 
found that overdriving the circuit beyond its capabilities produced a unique tone and began to use it 
exclusively. As more and more players began to utilise this method, amplifiers were built with 
circuits that achieved overdrive more easily, and eventually, deliberately. 
In these amplifiers, the preamp valves were deliberately pushed into handling higher voltages 
causing them to reach saturation and clip the input signal. Ordinarily, if the valve is operated at 
voltages below the saturation point, the output is relatively linear. In modern valve guitar 
amplification, it is common to employ 2 or more channels such as 'Clean', 'Crunch', 'Lead'. The 
clean channel will have the least clipping, the crunch will have a moderately saturated clipping tone 
and the lead will clip to the point of full saturated distortion. This is achieved by cascading the 
output voltages from each preamp valve into the next. Higher voltages achieve greater saturation 
and clipping. 
Achieving saturation in a valve often requires the amplifier to be turned up to a range where it is 
pushing the limits of its operational capacity and these limits are usually at the maximum volume 
output of the amplifier. This is rarely ever practical and can also create undesirable and dangerous 
situations. Creating a digital emulation of the behaviour of a saturated valve preamp can be a very 
handy alternative. The following is a description of one such emulation.
This simulation possesses a similar signal chain. Each gain stage has its own settings which alter the 
way the other stages respond to the input signal and hence, alter the tone of the final output signal. 
Below is the basic signal path and the processing functions that are contained within it. 
There are three processing components to the code that I have developed to achieve this simulation. 
The Gain/Clipping stages, High and Low pass filters and a global wet/dry mix control. An 
explanation of the three processing components are as follows. 
The Gain/Clipping stage:
There are four gain stages in this simulation. Each stage applies a non-linear transfer function to the 
input signal based on these three equations: 
Where y is the output, x is the signal and z is a number below 0.2. 
z , or the Bias as is named in the function, essentially controls the amplitude of the negative side of 
the waveform. When a valve reaches saturation and clips, the current stops flowing toward the plate 
and half of the waveform is clipped, the Bias variable affects the magnitude of this skew. It is 
important to note that values above 0.2 actually skew the waveform entirely into the positive region 
and effectively destroys the structure. 
For example:
In this simulation, the first gain stage employs the equation sin(x) + (abs(sin(x)))^8 – z. This 
equation produces the most linear transfer between the input and the output. The second and third 
stages employ sin(x) + (abs(sin(x)))^4 – z, which is slightly less linear and in the fourth stage,  
sin(x) + (abs(sin(x)))^2 – z, this produces the least linear of the three equations, clipping the 
negative portion of the waveform much more dramatically at lower settings. 
Referring to signal plot of a 500Hz sine wave below, note how the  sin(x) + (abs(sin(x)))^8 – z 
yields an almost unmodified output signal, while the sin(x) + (abs(sin(x)))^2 – z equation, at the 
same settings, is much more dramatically affected.  
However,  sin(x) + (abs(sin(x)))^8 – z is the most sensitive to input gain, producing more clipping 
and therefore more harmonic content at lower amplitudes. The various responses to moderate gain 
settings are shown below.
Using the mix control, one can achieve further manipulation of the output signal by blending the 
original signal with the clipped signal. Changing the mix alters the harmonic content of the output 
signal and the timbre of the final output signal. 
Note the smooth clipping of the output signal using a 40% wet mix using the  
sin(x) + (abs(sin(x)))^2 – z  equation, compared to the 100% wet mix. 
The corresponding frequency output spectrum:
The main difference between the harmonic content of a clipped waveform produced by valves as 
opposed to a transistor is that valves generally contain even-order harmonics, rather than odd-order. 
These are even multiples of the fundamental signal, at 2f, 4f, 8f and so on up into super-sonic 
frequencies. The same exists for odd-order, but producing harmonics at 3f, 5f, 7f etc. By changing 
the balance of gains, mix and bias settings for the gain stages, one can achieve a wide range of 
clipping-induced harmonic content in both the odd and even order frequencies. 
For example, consider the following using a 500Hz sine wave at low-gain:
The same sine wave with moderate gain on all stages, note the increase in harmonic content up into 
the 6kHz region and the dramatic increase of the 3f and 4f harmonics:
Given the dramatic increase in harmonic content generated by the clipping of the waveform, 
including low frequency sub-harmonics (see frequency plot below of a 500Hz sine wave being 
processed by the sin(x) + (abs(sin(x)))^2 – z equation), it is necessary to be able to filter particular 
regions of frequencies to produce a usable tone at the output.
Firstly, low frequency noise may contain unwanted frequencies such as 50Hz hum from household 
power, RF noise contained within the signal from the guitar electronics or cabling. Also, higher 
harmonics can create inter-modulation distortion, creating further unwanted frequencies that have 
nothing to do with the fundamental frequency. 
For this reason, there are several filters present before and after the gain stages in the signal path. 
These are linear-phase, Hamming window FIR filters, either low or high pass to control various 
frequencies during the signal path. 
Firstly, there is a high-pass filter applied to the signal to be processed directly after it is imported. 
This removes low frequency content that may contain noise such as ground hum, which would 
otherwise be amplified and emphasised by the subsequent gain stages. The cut off frequency and 
resolution can be modified to further manipulate the tone of the output signal. 
After the first, third and fourth gain stages there are low-pass FIR filters. These control the amount 
of high-frequencies present from the clipped waveform. These are very important for a few reasons; 
firstly, to control inter-modulation harmonics being produced, second to give the user the ability to 
focus on particular frequency ranges for the signal being processed and thirdly, to simulate a sound 
being played through a speaker into the air. Speaker cabinets for guitar amplifiers are generally not 
very responsive above 5kHz, unable to reproduce content above this range they act as a kind of low-
pass filter. Furthermore, higher frequencies are absorbed to some extent by the air in the space 
around the speaker. In order to make the output signal realistic, low-pass filters must be applied. 
The following is a comparison of low and high resolution high-pass filters which can be used in the 
signal path. For instance, if a signal containing very little low frequency information is to be 
processed, a lower resolution filter with a gentler transition to the passband may be used. 
Conversely, if a signal with lower frequencies that are important to the character of the signal is to 
be processed, using a high resolution filter with a steeper transition could be used, filtering out a 
very specific frequency range.
Low resolution using 32 coefficients for the FIR filter with a cut off frequency of 200Hz:
High resolution using 512 coefficients, cut off frequency of 200Hz
Last in the signal path is a Global Mix control. This allows the user to blend in a proportion of the 
original signal with the processed signal. While this is a feature not generally available on guitar 
amplifiers or pre-amps, it allows another degree of sonic manipulation.
The formula for achieving a wet/dry mix is given by:
a x B + (1-a) x A
Where a is a number between 0 and 1, indicating the percentage of processed signal to dry. B is the 
processed signal, and A is the dry signal. 
The following shows the dramatic difference between the output signal of a 10% wet mix and 100% 
wet mix for low gain settings at the gain stages:
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